Stimulus-frequency otoacoustic emissions ͑SFOAEs͒ have been measured in several different ways, including ͑1͒ nonlinear compression, ͑2͒ two-tone suppression, and ͑3͒ spectral smoothing. Each of the three methods exploits a different cochlear phenomenon or signal-processing technique to extract the emission. The compression method makes use of the compressive growth of emission amplitude relative to the linear growth of the stimulus. The emission is defined as the complex difference between ear-canal pressure measured at one intensity and the rescaled pressure measured at a higher intensity for which the emission is presumed negligible. The suppression method defines the SFOAE as the complex difference between the ear-canal pressure measured with and without a suppressor tone at a nearby frequency. The suppressor tone is presumed to substantially reduce or eliminate the emission. The spectral smoothing method involves convolving the complex ear-canal pressure spectrum with a smoothing function. The analysis exploits the differing latencies of stimulus and emission and is equivalent to windowing in the corresponding latency domain. Although the three methods are generally assumed to yield identical emissions, no equivalence has ever been established. This paper compares human SFOAEs measured with the three methods using procedures that control for temporal drifts, contamination of the calibration by evoked emissions, and other potential confounds. At low stimulus intensities, SFOAEs measured using all three methods are nearly identical. At higher intensities, limitations of the procedures contribute to small differences, although the general spectral shape and phase of the three SFOAEs remain similar. The near equivalence of SFOAEs measured by compression, suppression, and spectral smoothing indicates that SFOAE characteristics are not mere artifacts of measurement methodology.
I. INTRODUCTION
Although the sounds evoked from the ear by a single pure tone were the first otoacoustic emissions ͑OAEs͒ to be discovered ͑reviewed in Kemp, 1998͒, they are, ironically , also the most difficult to measure. The difficulty arises because unlike other OAEs, stimulus-frequency emissions ͑SFOAEs͒ overlap with the evoking stimulus in both time and frequency. Unlike emissions evoked by transient stimuli, such as clicks, SFOAEs occur simultaneously with the evoking tone, and they therefore cannot be separated from the stimulus simply by time windowing. And unlike distortionproduct emissions ͑DPOAEs͒, SFOAEs occur at the same frequency as the stimulus, and they therefore cannot be disentangled from stimulus components of the pressure using Fourier analysis.
Seemingly inseparable from their evoking wave forms, SFOAEs just do not appear as physically compelling as other emissions. Whereas transient-evoked emissions present an intuitive, echo-like quality clearly evident in the response wave form, and whereas DPOAEs occur in concert with aural combination tones that can readily be heard, SFOAEs, by contrast, lack these reassuringly tangible features and have been relegated in reviews to little more than insubstantial "errors of extrapolation" ͑e.g., Patuzzi, 1996͒ . The absence of standardized and commercially available procedures for measuring SFOAEs only multiplies these spectral misgivings. Since different studies use different techniques and results are rarely compared, skeptics might be forgiven for wondering whether SFOAE characteristics are more artifacts of methodology than the robust and independent properties of actual sounds emitted by the ear.
A. One stimulus tone, two response components
The classic evidence for the existence of SFOAEs comes from sweeping the frequency of a nominally constantamplitude pure tone. In normal-hearing subjects one finds that the ear-canal pressure has the qualitative form illustrated in Fig. 1 . Rather than the constant pressure anticipated on the basis of the high-level in situ calibration, two pressure components appear in the ear canal, distinguished by their behavior with frequency and intensity ͑e.g., Zwicker and Schloth, 1984; Shera and Zweig, 1993͒ . At the highest levels ͑50 dB SPL in this example͒, the magnitude of the ear-canal pressure is, as expected, a smooth and almost constant function of frequency. But as the stimulus level is reduced, an oscillatory component, here with a period of roughly 100 Hz, appears superimposed on the constant "background." Similar oscillatory patterns appear in the phase, albeit shifted relative to those in the magnitude by roughly 90°.
The measurements suggest that at fixed stimulus amplitude the total ear-canal pressure can be regarded as the sum of two complex components: A constant background component representing the nominal stimulus pressure ͑P 0 ͒ and a frequency-dependent component identified as the "stimulusfrequency emission" ͑SFE͒. The total ear-canal pressure thus has the form: P tot ͑f ; P 0 ͒ = P 0 + SFE͑f ; P 0 ͒. ͑1͒
Phases are measured relative to the stimulus pressure, P 0 , which is defined to be real ͑the subscript zero is a mnemonic for "no emission"͒. The oscillatory structure apparent in Fig.  1 represents an interference pattern created as the relative phase of the two pressure components-stimulus and emission-rotates with frequency; spectral peaks and valleys occur at frequencies of maximal constructive and destructive interference. Physiologically labile and susceptible to suppression, the SFE component of the pressure originates within the cochlea through electrohydromechanical processes collectively dubbed "stimulus reemission" ͑e.g., Kemp and Chum, 1980; Guinan, 1990͒ .
B. Three measurement methods
According to Eq. ͑1͒, measuring the stimulus-frequency emission pressure SFE͑f ; P 0 ͒ requires determining both the total pressure, P tot ͑f ; P 0 ͒, and the stimulus, P 0 , at the probe frequency, f. The three measurement methods alluded to in the section heading refer to three different wayscompression, suppression, and spectral smoothing-of determining the stimulus pressure, P 0 . Measurement of the total pressure is the same in all cases. If we let P 0 m denote the stimulus pressure measured using method m, then the corresponding SFOAE is obtained by complex ͑or vector͒ subtraction:
In sub-and superscripts the three methods are abbreviated "com," "sup," and "ss," respectively. Each of the three methods determines the stimulus pressure by exploiting a different cochlear phenomenon or signal-processing technique.
The following paragraphs introduce each method in turn.
Nonlinear compression
The nonlinear-compression method ͑e.g., Kemp and Chum, 1980͒ exploits the presumed compressive growth of SFOAE amplitude. Because the emission grows compressively while the stimulus grows linearly, the ratio of the two approaches zero at high stimulus levels. Thus, increasing the stimulus amplitude decreases the SFOAE contribution to the total pressure. An estimate, P 0 com , of the stimulus pressure at low levels suitable for use in Eq. ͑2͒ can then be obtained by linearly scaling down the total ear-canal pressure measured at high levels.
Two-tone suppression
The suppression method estimates the stimulus pressure by using cochlear two-tone suppression to remove the emission contribution to the total pressure. In this method, the stimulus pressure P 0 sup is obtained by measuring the total ear-canal pressure at the probe frequency in the presence of an additional "suppressor" tone, usually at a nearby frequency ͑e.g., Kemp and Chum, 1980; Guinan, 1990; Kemp et al., 1990; Shera and Guinan, 1999; Schairer et al., 2003; Neely et al., 2005; Siegel et al., 2005͒ . The suppressor tone is assumed to substantially reduce or eliminate the emission evoked by the probe.
Spectral smoothing
The spectral smoothing method estimates the stimulus pressure using signal-processing techniques. In particular, the estimate P 0 ss is obtained by smoothing the total pressure to remove spectral oscillations resulting from interference between the stimulus and the emission. When the stimulus amplitude is constant and the calibration extremely stable, smoothing amounts to little more than drawing a horizontal line at the nominal stimulus amplitude ͑e.g., Fig. 1͒ , and similarly for the phase. More generally, smoothing is accomplished by convolving the total pressure P tot ͑f ; P 0 ͒ with a smoothing function ͑Shera and Zweig, 1993; Kalluri and Shera, 2001͒. FIG. 1. Two components in the ear-canal pressure produced by a pure tone. The magnitude of the ear-canal pressure vs tone frequency at four different intensities is shown. Sound produced by the ear creates an intensitydependent oscillatory fine structure that appears superposed on the constant stimulus background indicated by the dashed lines.
C. Overview
Although it is generally assumed that the three SFOAE measurement methods outlined earlier yield identical emissions, no equivalence has ever been established. As a result, it remains unclear whether the emission properties depend in important ways on the methods used to measure them. If, for example, SFOAEs measured using suppression were largely the result of nonlinear interactions between the probe and suppressor-interactions not present when other measurement methods are employed-then so-called "SFOAEs" might not even exist as a well-defined and unitary phenomena. To address these issues, this paper reports and compares human SFOAEs measured using the three different methods. In a nutshell, we find that the SFOAEs measured using the different methods are nearly identical.
II. METHODS

A. Stimulus delivery and acquisition
Signals were delivered and recorded in one ear each of four normal-hearing human subjects while they were comfortably seated in a sound-isolated chamber ͑Ver et al., 1975͒. All procedures were approved by human studies committees at the Massachusetts Eye and Ear Infirmary and the Massachusetts Institute of Technology. Stimulus wave forms were generated and responses acquired and averaged digitally using a custom data-acquisition system. The system consists of a National Instruments 4461 data-acquisition board controlled by custom software written in LABVIEW and MATLAB, two Shure E2c earphones, an Etymōtic Research ER10c preamplifier, a Knowles EK3103 microphone, and a custom-built sound-delivery apparatus. We used Shure E2c insert earphones because, unlike ER10c earphones ͑cf. Schairer et al., 2003͒ , their response at the fundamental frequency grows nearly linearly at levels below 75 dB SPL. Additionally, their compact design made them easy to adapt for insertion into the human ear canal.
All stimuli were generated digitally using a fixed sampling rate of 48 kHz and discrete Fourier transform lengths of N = 4096 points ͑85.33 ms͒, resulting in a digital frequency resolution of approximately 12 Hz. Stimulus wave forms were ramped on and off with 5 ms half-Blackman windows. After digital-to-analog conversion, all stimuli were high-pass filtered with a cutoff frequency of 0.15 kHz before presentation to the earphone. Acquired wave forms were filtered using a bandpass filter with cutoff frequencies of 0.15 and 15 kHz. Potential noise artifacts in the filtered wave forms were detected by comparing the rms difference between a stored artifact-free reference wave form and the current data buffer against a subject-dependent threshold. When the difference exceeded the rejection threshold, the response wave form in the newly acquired data buffer was discarded; otherwise the wave form was added to the averaging buffer. Ongoing replacement of the reference buffer minimized the effects of slowly varying drifts in the baseline signal.
B. The interleaved three-interval paradigm
Except when noted, the stimuli needed to obtain data for all three measurement methods were presented in three interleaved segments, as illustrated in Fig. 2 . Interleaving, previously employed for measuring SFOAEs using suppression ͑e.g., Shera and Guinan, 1999; Kalluri and Shera, 2001͒ , minimizes the effects of time-dependent drifts. The three intervals are defined as follows: ͑1͒ The first ͑or "probealone"͒ segment contains a single tone ͑the probe͒ at frequency f p and level L p . During this segment the ear-canal pressure at the probe frequency contains both the stimulus and the emission. We used probe levels ranging from 20 to 50 dB SPL. ͑2͒ The second ͑or "probe+ suppressor"͒ segment contains both the ongoing probe tone and an additional suppressor tone at a slightly lower frequency ͑f s Х f p − 46.9 Hz͒. We typically used suppressor levels L s between 55 and 60 dB SPL. The suppressor is assumed to substantially reduce or eliminate the emission at the probe frequency. To minimize the effect of earphone nonlinearities we presented the probe and suppressor tones using different sound sources. ͑3͒ The third ͑or "probe+ compressor"͒ segment contains the probe and a compressor tone of level L c at the same frequency as the probe. Probe and compressor have the same phase and were generated as a single tone by one transducer; the level of the two tones together is L pc . Because the OAE grows compressively, the amplitude of the lowlevel stimulus can be estimated by scaling the pressure measured during this third segment.
The probe-alone, the probe+ suppressor, and probe + compressor wave forms ͓denoted p p ͑t͒, p ps ͑t͒, and p pc ͑t͒, respectively͔ were obtained from the measured ear-canal pressure, p͑t͒, by averaging the two N-point subbuffers within each of the three segments. The two sub-buffers ͑in-dexed n =0,1͒ were extracted from p͑t͒ using windows w p ͑n͒ ͑t͒, w ps ͑n͒ ͑t͒, and w pc ͑n͒ ͑t͒. For example, the probe-alone pressure was computed as
Analogous equations were used for the probe+ suppressor and probe+ compressor wave forms. The windows are N-point rectangular boxcars of duration T w :
FIG. 2. The interleaved three-interval paradigm. The probe-alone, probe + suppressor, and probe+ compressor segments each have duration 2T w . Intervening segments provide time for ramping the stimuli on and off and allowing the response to settle. The entire three-interval stimulus repeats with period T =7T w . Wave forms are extracted using rectangular windows; only the window w p ͑0͒ ͑t͒ is shown.
and
where the boxcar window is defined by
The window offsets T o , T 1 , and T 2 were chosen to allow time for the system to return to steady state after ramping the suppressor and compressor tones on or off using 5 ms halfBlackman windows. With our parameters, settling times were at least 16 ms, or somewhat longer than the maximum emission latencies for the frequencies we tested ͑e.g., Shera and Guinan, 2003͒. The window duration T w = N⌬t, where N is the buffer size and ⌬t is the sampling period, was set to match the length of the Fourier analysis buffer. Stimulus frequencies were chosen so that the analysis buffer always contained an integral number of cycles of both probe and suppressor. The entire three-interval stimulus was repeated continuously with period T until the desired number of artifact-free responses had been obtained ͑typically, at least 32, yielding a measurement noise floor of approximately −25 dB SPL͒. For the measurements reported here, the set of
At any given frequency, the interleaved three-interval paradigm collects the data necessary for all three SFOAE measurement method quasisimultaneously. From the three averaged wave forms, p p ͑t͒, p ps ͑t͒, and p pc ͑t͒, we obtain both the total complex pressure,
and the three estimates of the stimulus pressure:
All expressions are evaluated at the probe frequency ͑f = f p ͒. In these equations F͕·͖ denotes the N-point discrete Fourier transform, an asterisk ‫͒ء͑‬ indicates convolution, and S͑f͒ is the smoothing filter. The complex phasors compensate for the ongoing phase shift of the probe stimulus, which was always adjusted to cosine phase in the ear canal at time t = T o . The total pressure and the three estimates of the stimulus pressure were used in Eq. ͑2͒ to compute the corresponding SFOAEs. Although most of the data reported here were collected using the interleaved three-interval paradigm, when comparing suppression and smoothing we sometimes expedited the measurements by eliminating the compressor segment of the stimulus, thereby adopting an abbreviated two-interval paradigm. We observed no systematic differences between the emissions extracted using the two-and three-interval paradigms.
C. Measurement details
Nonlinear compression
The compression technique relies on the linearity of the measurement system. For example, if the earphone output were to depend nonlinearly on the driving voltage, then linearly rescaling the ear-canal pressure measured at high levels would not accurately approximate the stimulus pressure at low levels. The resulting errors of extrapolation would manifest themselves as spurious otoacoustic responses. To circumvent the earphone nonlinearities that plague the Etymōtic ER10c, 1 we designed a sound-delivery system using Shure E2c sources. The Shure earphones have an acoustic output at the fundamental frequency that grows quite linearly with driving voltage at ear-canal stimulus levels below 75 dB SPL. We evaluated the linearity of our measurement system by measuring SFE com in a cavity with acoustic impedance comparable to that of the ear canal. Artifactual "emissions" measured in the cavity were at or below the noise floor for all the measurements we report.
Two-tone suppression
Because maximal suppression in humans occurs at suppressor frequencies close to the probe ͑e.g., Kemp, 1993, 1991; , we fixed f s at about 47 Hz below f p ͑a low-side suppressor͒. At the close spacing and relatively high suppressor levels used here, differences between high-and low-side suppressors are typically small. Measurements we made in two subjects at suppressor levels of 60 dB SPL showed that decreasing the frequency separation between the probe and suppressor produced no significant difference in SFOAE level. These results are consistent with those of Backus ͑2005͒, who also measured the frequency dependence of suppression in several subjects.
We used suppressor levels chosen to remove all or most of the SFOAE. Figure 3 shows how the magnitudes of SFE sup and SFE com measured at various probe levels depend on the level of the suppressor and compressor. The data indicate that emission levels plateau at suppressor/compressor levels roughly 20 dB greater than the probe, indicating that such levels are generally sufficient to remove most of the evoked emission. In the majority of our measurements we used 55 or 60 dB SPL suppressors and compressors. Although 60 dB SPL suppressors and compressors evidently eliminate most of the SFOAE at probe levels of 40 dB SPL and below, they are not as effective with probe levels of 50 dB SPL. Although more intense suppressors would remove more of the emission at the higher probe levels, they are also more likely to evoke unwanted efferent responses ͑Guinan et al., 2003͒.
Spectral smoothing
To implement spectral smoothing we applied the convolution theorem ͑e.g., Papoulis, 1962͒ to convert the convolution in Eq. ͑11͒ into an equivalent multiplicative windowing in the time domain.
2 In particular, we computed P 0 ss ͑f͒ using
where the window Ŝ ͑͒ is defined by Ŝ ͑͒ϵF͕S͑f͖͒. In this equation F͕·͖ represents Fourier transformation with respect to a dimensionless log-frequency coordinate ͑Zweig and Shera, 1995; Knight and Kemp, 2000; Kalluri and Shera, 2001͒ . ͑Note that the transform F͕·͖ differs from the discrete time Fourier transform, F͕·͖, used to compute the complex pressure from the averaged time wave forms.͒ The resulting Fourier-conjugate variable, , represents the emission latency in periods of the stimulus frequency. Fourier transformation with respect to the logarithmic frequency coordinate results in narrower, more well-defined peaks that prove more amenable to separation by windowing in the latency domain. To provide sharp window boundaries while avoiding excessive ringing in the frequency response we used a tenth-order recursive-exponential window for Ŝ ͑͒ ͑Shera and Zweig, 1993͒. As detailed in footnote 10 of Kalluri and Shera ͑2001͒, the recursive-exponential window depends on the parameter cut , which controls the window duration ͑or, equivalently, the band-width of the smoothing function͒. In the measurements reported here we took cut = 5 stimulus periods, a duration sufficient to separate stimulus and emission at all stimulus levels used. In practice, measurements are only available over a finite frequency range, and the smoothing operation is therefore complicated by end effects. To minimize these problems the analyzed frequency range was chosen to include an approximately integral number of spectral fine-structure cycles, and smoothing was performed using periodic boundary conditions ͑i.e., the complex pressure data were effectively wrapped around a cylinder by using the Fourier transform F͕·͖͒. When necessary, linear ramps were subtracted and subsequently restored after smoothing, to remove discontinuities in the real and imaginary parts of the pressure at the "seam." Our need to subtract linear ramps was substantially reduced by using the repeated-calibration procedure ͑de-scribed in the following͒ to remove time-dependent drifts in the background pressure.
D. Minimizing spurious spectral structure
The repeated-calibration procedure
In previous work ͑e.g., Kalluri and Shera, 2001 , 2007͒, we calibrated the insert earphones in situ immediately before and after each measurement series, defined as a collection of averaged measurements at multiple frequencies and/or levels. Comparisons of the pre-and postseries calibrations indicate that the in-the-ear calibrations are generally quite stable, at least in the absence of obvious movement of the earphone within the canal. Although this "single-calibration" procedure works well for measurements employing the suppression and compression methods, it proved inadequate for the careful cross-frequency comparisons we wished to make using spectral smoothing. The problem is that the spectral smoothing method assumes that all measured spectral structure removed by the smoothing filter represents an actual SFOAE. This assumption about the origin of the point-topoint spectral structure works well when the emission is large compared to artifactual changes in stimulus pressure ͑e.g., due to small movements of the probe, fluctuations in middle-ear cavity pressure and impedance, etc.͒. But when the emissions are relatively small ͑e.g., at higher stimulus levels͒ or the artifacts unusually large ͑e.g., in restless subjects who jostle the probe͒, the assumption often breaks down. When the assumption fails, emissions obtained by smoothing contain spurious components. FIG. 3 . Dependence of SFOAE magnitude on suppressor and compressor levels. Magnitudes of SFE sup vs suppressor level L s ͑open squares͒ and SFE com vs compressor level L c ͑closed circles͒ are shown. The values along both axes are expressed in decibels ͑dB͒ relative to the probe, whose level is varied parametrically and given in dB SPL adjacent to each curve. The top and bottom panels show results at two different probe frequencies ͑3.4 and 1.35 kHz͒ in the same subject. At suppressor and compressor levels comparable to or less than L p , SFOAE magnitudes depend strongly on L s and L c and are larger when measured using compression. At levels L s and L c slightly above L p , the SFE sup and SFE com curves cross into a regime in which the larger SFOAEs are obtained using suppression. At suppressor and compressor levels much greater than the probe level, relative emission magnitudes plateau, and the two methods yield nearly identical results.
To reduce artifactual contamination of the SFOAEs measured using spectral smoothing, we adopted a "repeated calibration" procedure in which we recalibrated the probe earphones immediately before making measurements at each new frequency or level. Recalibrations were based on the ear-canal pressures produced by simultaneous presentation of high-level probe and suppressor tones ͑usually at levels near 60 dB SPL͒. When implemented using repeated calibrations, a measurement series consisting of ten probe frequencies involves eleven calibrations: one initial calibration performed using broad-band chirps, and ten repeated calibrations, one before each measurement, performed using pure tones. Figure 4 illustrates the benefits of repeated calibration using data collected at two different probe levels. The lefthand panels show the probe-alone and probe+ suppressor pressures ͓P p ͑f͒ and P ps ͑f͔͒ measured when using the singlecalibration procedure; the right-hand panels show the same pressures measured using repeated calibration. The data are shown as a function of frequency on polar plots with real and imaginary axes ͑closed dots show P p ; open dots show P ps ͒. Interpreted using Eq. ͑1͒, previous SFOAE measurements ͑e.g., Shera and Guinan, 1999 ; see also Fig. 1͒ suggest that the probe-alone pressure, P p ͑f͒, which contains both stimulus and emission, generally rotates clockwise around the almost constant P ps ͑f͒. ͑We subtracted the nominal stimulus pressure from each data set so that the trajectories center close to the origin.͒ The data collected using the carefully controlled repeated-calibration procedure show precisely this pattern.
In the single-calibration data, however, the pattern is obscured, especially at the higher probe level ͑lower left͒, where relative emission magnitudes are small. Rather than clustering at or rotating around the origin, the high-level, single-calibration data form a complex pattern more reminiscent of a random walk than a spiral. Although the P p ͑f͒ and P ps ͑f͒ trajectories still spiral about one another, their relative motion is masked by an irregular shared translational component. The additional structure in the data arises from small variations in the stimulus pressure, presumably due to intermittent shifts in probe placement and middle-ear impedance. Although negligible relative to the stimulus, the resulting pressure variations can be significant compared to the emission one is trying to estimate. As illustrated in the right-hand panels of Fig. 4 , recalibrating the earphones before each measured frequency point all but eliminates these spurious sources of variation.
Calibration contamination by emissions
Although repeated calibrations largely eliminate one source of artifactual spectral structure, the calibration procedure itself can introduce another. The problem is that the calibration is necessarily done in the ear, so that the pressure measured during the calibration always contains both stimulus and emission. Since the emission component varies with frequency, it introduces spectral structure into the calibration that then contaminates the estimate of SFE ss ͑and, to a much lesser extent, the emissions measured by compression and suppression͒.
We make these comments more precise by noting that the calibration procedure determines the earphone driving voltage needed to produce a constant pressure. The procedure assumes that the earphone is the only sound source in the system. Although this is true when calibrating in a test cavity, it is not true when calibrating in the ear. Because the calibration stimulus evokes an emission, the ear-canal pressure measured during the calibration contains both stimulus and emission pressures. In our procedure, the calibration is performed by presenting the probe and suppressor tones simultaneously. At the probe frequency, the total ear-canal pressure measured during the calibration is
where superscripts "cal" identify probe and suppressor pressures used during the calibration. ͑To simplify the notation, we have left the dependence on probe frequency implicit.͒ The first term on the right is simply the probe pressure P 0 cal ; the second term is the SFOAE evoked by the probe in the presence of the suppressor, P s cal . At each frequency, the value of P tot measured during the calibration is used in subsequent measurements to determine the earphone driving voltage needed to produce a constant stimulus pressure. But because the calibration data are contaminated by SFOAEs, the stimulus pressure actually produced by the earphone will mistakenly be adjusted to com- FIG. 4 . Reducing spurious spectral structure by repeated calibration. The left-hand panels show polar plots of the probe-alone ͑closed dots͒ and probe+ suppressor pressures ͑open dots͒ measured using the singlecalibration procedure at two different probe levels ͑20 and 50 dB SPL, top and bottom, respectively͒. The right-hand panels show the same quantities measured using the repeated-calibration procedure. Pressures are shown in units of 20 Pa. The nominal stimulus pressures were subtracted off to center the data near the origin. Suppressor and calibration levels were fixed at 60 dB SPL. The data are from subject 1 at probe frequencies ranging from 3 to 3.5 kHz.
pensate for the sound produced by the ear. Thus, when the calibration data are used to produce a nominal pressure P 0 , the actual stimulus pressure will be
where diacritical bars denote nominal ͑or target͒ pressures, and we have simplified by ignoring higher-order terms ͓e.g., we have replaced SFE͑P 0 cal ; P s cal ͒ with SFE͑P 0 cal ; P s cal ͒; the two pressures may differ very slightly if the earphone has shifted in the interval since the previous calibration͔. In other words, the actual probe pressure produced by the earphone will differ from the target value by an amount proportional to the SFOAE evoked by the calibration stimulus.
When the stimulus pressure produced during a subsequent emission measurement is given by Eq. ͑14͒, the total ear-canal pressure measured during the probe-alone segment becomes
To estimate the SFOAE obtained by smoothing, we simulate the smoothing operation by subtracting off the constant nominal stimulus pressure, P 0 . The result is
Because SFOAEs contaminate the calibration, the emission SFE ss ͑P 0 ͒ obtained by smoothing differs from the true value ͓i.e., SFE͑P 0 ;0͔͒ by an amount that depends on the emission evoked by the calibration stimulus scaled by the ratio of probe and calibration pressures. In contrast to the emissions obtained by smoothing, emissions obtained using the suppression method are, to first order, immune to calibration contamination. To see this, note that the pressure measured during the probe+ suppressor segment is
Computing SFE sup by subtracting Eqs. ͑15͒ and ͑17͒ yields
which is independent of the emission evoked by the calibration stimulus. Although emissions evoked during the calibration contaminate both P p and P ps , they do so symmetrically and cancel out in the difference. Figure 5 corroborates our analysis by illustrating the effect of calibration contamination on measurements of SFE ss and SFE sup . The figure shows measurements performed in the three different calibration regimes suggested by Eq. ͑16͒: ͑1͒ Low-level calibration ͑P 0 cal Ӷ P 0 ͒. In this regime ͑top row͒, the emission evoked during the calibration procedure ͓i.e., the second term in Eq. ͑16͔͒ generally dominates the value of SFE ss . Because the calibration component contributes with an overall minus sign, the phase of SFE ss appears shifted by roughly 180°from the SFOAE phase obtained using suppression.
FIG. 5. Effects of calibration contamination by emissions. The three panels
show measurements made at nominal stimulus intensities ͕L p , L s ͖ = ͕50, 55͖ dB SPL as determined by performing in-the-ear calibrations using equal-level probe and suppressor pressures as described in the text. The calibration levels used in panels ͑A͒, ͑B͒, and ͑C͒ were L cal = ͕40, 50, 60͖ dB SPL, respectively. In each panel, the left-hand column shows the real and imaginary parts of the probe-alone ͑P p , black squares͒ and probe+ suppressor pressures ͑P ps , gray squares͒. To simplify the plotting, the nominal probe stimulus pressure ͑P 0 , equivalent to 50 dB SPL͒ was subtracted from each pressure. The right-hand column shows the magnitude and phase of SFE sup ͑black squares͒ and SFE ss ͑gray squares͒ obtained from the data in the left column. Although the values of SFE sup are nearly independent of calibration level, the values of SFE ss vary systematically with L cal and approximate SFE sup only when calibrations are performed at levels much greater than the probe ͓e.g., panel ͑C͔͒. The data are from subject 2.
͑2͒ Probe-level calibration ͑P 0 cal Х P 0 ͒. In this regime ͑middle row͒, the two terms in Eq. ͑16͒ can have similar magnitudes but opposite signs, resulting in near cancellation. Cancellation is especially likely when the suppressor tone used during the calibration fails fully to suppress the SFOAE evoked by the probe ͓e.g., when P s cal ഛ P 0 cal ; see Fig. 3͔ . Our repeated-calibration procedure used equal level probes and suppressors and therefore falls in this category. Because of the cancellation, the emissions obtained using smoothing are substantially smaller than those obtained using suppression ͑for P s ӷ P 0 ͒. ͑3͒ High-level calibration ͑P 0 cal ӷ P 0 ͒. In this regime ͑bottom row͒, contamination by the calibration term in Eq. ͑16͒ is small; smoothing and suppression therefore give similar results ͑for P s ӷ P 0 ͒.
Note that unlike the emissions obtained using smoothing, the emissions obtained using suppression remain largely insensitive to the relative intensity of the calibration stimulus, as predicted.
In summary, repeated calibration using high-level probe and suppressor tones minimizes spurious spectral structure that contaminates SFOAEs measured using the smoothing method. Unless otherwise noted, we obtained all SFE ss measurements reported here by employing the repeatedcalibration procedure implemented using equal-intensity high-level ͑60 dB SPL͒ probe and suppressor tones. 
III. RESULTS
Figure 6 illustrates our main result: When appropriate care is taken for the comparison, SFOAEs measured using compression, suppression, and spectral smoothing are almost identical. The two top panels show magnitudes and phases of SFE com ͑f͒, SFE sup ͑f͒, and SFE ss ͑f͒ measured at 30 dB SPL in subject 2. Closed and open symbols identify measurements made on different days using the standard threeinterval paradigm and abbreviated two-interval paradigm, respectively. To reveal finer details of the phase obscured by the steep slope, the bottom panel replots the phase data after removing the overall trend. Except within the spectral notches, day-to-day variations found using the suppression method are on the order of 1 dB; they must to some extent arise from variations in the probe fit within the ear canal. Figure 6 demonstrates that SFOAEs measured using different methods interleaved in time during a single session are generally more similar to one another than SFOAEs measured using the same method ͑suppression͒ on different days. In all cases, however, the differences are minor.
Figures 7 and 8 corroborate these results and extend the comparison of compression, suppression, and spectral smoothing to different stimulus intensities and frequency ranges in two subjects. The top four rows in Fig. 7 show SFOAE measurements in subjects 1 and 2 at probe levels of 20, 30, 40, and 50 dB SPL, respectively. The bottom row shows detrended phases at 30 dB SPL. Figure 8 compares the SFOAEs measured in a higher frequency region in the same two subjects. In all cases, differences between the methods are small, especially at the lower probe levels, and are generally smaller than the variations observed between sessions. Session-to-session differences can be especially large near spectral notches ͑e.g., see the detrended phase in Fig. 7 , lower left͒; if the notches arise as the result of cancellation, as predicted ͑e.g., Zweig and Shera, 1995͒, then small changes can be expected to produce big effects.
Although the three measurement methods yield nearly equivalent results at low probe levels, systematic differences sometimes emerge at higher levels. Note, for example, the FIG. 6 . Near-equivalence of SFOAEs measured using compression, suppression, and spectral-smoothing. The magnitudes ͑top͒, phases ͑middle͒, and detrended phases ͑bottom͒ of SFOAEs measured by compression ͑SFE com , squares͒, suppression ͑SFE sup , triangles͒, and spectral smoothing ͑SFE ss , circles͒ in one subject are shown. Closed and open symbols identify measurements made on different days using the standard three-interval and the abbreviated two-interval paradigms, respectively. Above 3.2 kHz the phase obtained by smoothing differs from the others by approximately one full cycle because of variable phase unwrapping in the deep spectral notch. Detrended phases were computed from the unwrapped phases shown in the middle panel by subtracting a smooth trend that captures the large variation in phase. ͑Because of the variation in phase unwrapping, the SFE ss trend was computed separately.͒ The data are from subject 2 at stimulus levels
difference between SFE com and SFE sup evident at 50 dB SPL in subject 2 ͑Figs. 7 and 8, right column, fourth row͒. At this probe level, the magnitude of SFE com ͑closed squares͒ is systematically lower than that of SFE sup ͑closed triangles͒. We suggest these high-level differences are entirely methodological: They arise because we used suppressor and compressor tones whose levels ͑55 or 60 dB SPL͒ were too low to remove the emission evoked by the 50 dB SPL probe. In Sec. IV we show that compressive nonlinearities driven by relatively weak stimuli produce systematic differences between suppression and compression similar to those seen here ͑see also Fig. 3͒ .
Although somewhat noisier than the data in Figs. 7 and 8, SFOAE measurements performed in our two other subjects using the interleaved three-interval paradigm and repeated calibration are consistent with the results shown here.
IV. DISCUSSION
Our data demonstrate that human stimulus-frequency otoacoustic emissions measured using three different methods-compression, suppression, and spectral smoothing-are all nearly identical. At low and moderate levels, SFOAE magnitude and phase versus frequency functions obtained using the three methods almost overlie one another. When the measurements are made quasisimultaneously using the interleaved paradigm, differences between the SFOAEs obtained using the three methods are smaller than differences found using a single method in multiple sessions. Our results thus indicate that the properties of human FIG. 7 . SFOAEs measured using compression, suppression, and spectralsmoothing at different probe levels. The magnitudes ͑top four rows͒ and detrended phases ͑bottom row͒ of SFOAEs measured in two subjects ͑left and right columns͒ using compression ͑SFE com , squares͒, suppression ͑SFE sup , triangles͒, and spectral smoothing ͑SFE ss , circles͒ are shown. Open and closed symbols identify measurements made on different days using the standard three-interval and the abbreviated two-interval paradigms, respectively. Detrended phases, plotted modulo one cycle, were computed from the unwrapped phases by subtracting a smooth overall trend. The data are from subject 2 at levels L p , L s , and L pc indicated adjacent to each curve ͑with L pc = L s ͒.
FIG. 8.
SFOAEs measured using compression, suppression, and spectral smoothing at higher frequencies. The magnitudes ͑top four rows͒ and detrended phases ͑bottom row͒ of SFOAEs measured in a higher frequency region of the same subjects as Fig. 7 ͑left and right columns͒ are shown. The measurements were made using compression ͑SFE com , squares͒, suppression ͑SFE sup , triangles͒, and spectral smoothing ͑SFE ss , circles͒. Open and closed symbols identify measurements made on different days using the standard three-interval and the abbreviated two-interval paradigms, respectively. The stimulus levels L p , L s , and L pc are indicated adjacent to each curve ͑with L pc = L s ͒. Note that not all measurements were made at all frequencies.
SFOAEs are independent of the methods used to measure them; SFOAEs are not artifacts of methodology.
Each of the three methods we employed exploits a different cochlear phenomenon or signal-processing technique to extract the emission: ͑1͒ The compression method makes use of the compressive growth of emission amplitude relative to the linear growth of the stimulus; ͑2͒ the suppression method uses cochlear two-tone suppression to reduce or eliminate the emission evoked by the probe; and ͑3͒ the smoothing method extracts the emission directly from the probe pressure using signal processing without the need to present additional stimuli. The only stimulus common to all three methods is the low-level probe. The equivalence we report therefore demonstrates that SFOAEs are due almost entirely to the probe alone; they are not created through some nonlinear interaction between the probe and the suppressor ͑or compressor͒.
We emphasize that SFOAEs measured using the three methods are not automatically equivalent. In order to convince ourselves that any differences we might find were real, we took considerable care controlling for potential confounds ͑e.g., by using interleaved measurements and repeated calibrations to minimize drifts, by chosing suppressor and compressor levels to remove most if not all of the emission, and by calibrating at levels sufficient to reduce emission contamination͒. Relaxing these procedures can readily introduce artifacts into the measurements that may masquerade as real differences between the methods.
A. Possible limits of validity
Although our conclusions may apply more widely, we summarize in the following the known limitations of our study. ͑1͒ Our comparisons required special care to avoid artifacts and were therefore performed in a relatively small number of subjects ͑n =4͒. Reassuringly, however, we found similar results in all ears. ͑2͒ All of our subjects had normal hearing. Although we hypothesize that similar results will be found whenever emissions remain measurable, additional studies are needed to determine whether our findings generalize to impaired ears. ͑3͒ We used low to moderate probe levels ͑20-50 dB SPL͒, and the three methods may yield different results at higher levels. Although evidence for differences at higher levels is apparent in our data ͑e.g., at 50 dB SPL͒, we believe these differences reflect a methodological limitation of our study, namely the use of suppressors and compressors limited to 60 dB SPL, an intensity too low to remove the entire emission at probe levels above about 40 dB SPL. ͑4͒ We used only near-probe suppressors ͑i.e., suppressors close to the probe frequency͒. Considerable evidence indicates that suppressors further than roughly half an octave from the probe yield very different results ͑Siegel et al., 2003 Shera et al., 2004; . Differences can arise because more distant suppressors produce incomplete suppression and/or induce additional SFOAE sources. ͑5͒ Our comparisons are limited to the frequency range of 1 -4 kHz. In particular, we did not explore the behavior in more apical regions of the cochlea, where both emission mechanisms and mechanical suppression and compression may differ considerably from those in the base ͑Cooper and Rhode, 1995; Rhode and Cooper, 1996; Shera and Guinan, 2003; Siegel et al., 2005; Shera et al., 2007͒ . ͑6͒ Finally, our measurements are in humans, a species whose OAE characteristics differ in some respects from those of many laboratory animals ͑e.g., humans have longer OAE latencies and smaller distortion-source emissions͒. The nearequivalence we find between SFOAE methods remains to be examined in other species. Figure 3 shows that SFOAE levels plateau at suppressor and compressor levels roughly 20 dB greater than the probe. At plateau levels, SFOAEs measured by suppression are nearly indistinguishable from those measured using compression. At lower suppressor and compressor levels, however, the measured behavior is more complicated. For example, SFOAEs obtained using suppression are generally larger than those obtained using compression ͉͑SFE sup ͉ Ͼ ͉SFE com ͉͒ at levels just below the plateau region. Since the suppression method produces the larger residual from Eq. ͑2͒, a nearby suppressor is evidently more effective at reducing emission amplitude than an on-frequency compressor of the same intensity. Suppressors remain more effective until their level becomes comparable to or lower than the probe, at which point the curves cross one another and the relative amplitudes of SFE sup and SFE com are reversed ͉͑SFE com ͉ Ͼ ͉SFE sup ͉͒.
B. Differences between compression and suppression
This general pattern of the relative efficacy of suppressor and compressors can be modeled using a simple, saturating nonlinearity.
4 Figure 9 shows results obtained by using the hyperbolic tangent to simulate the SFOAE measurements shown in Fig. 3 . The open squares show the results obtained using the suppression method. The data points give the amplitude of the probe-frequency Fourier component of the function
where p p ͑t͒ = P p cos͑2f p t͒ is the probe tone, p s ͑t͒ = P s cos͑2f s t͒ is the suppressor, and p ps ͑t͒ = p p ͑t͒ + p s ͑t͒. The probe-frequency component of the first term models the SFOAE evoked by the probe tone alone; the same component of the second term models the SFOAE modified by the suppressor. ͑The probe stimulus itself contributes equally to the total pressure in both cases and therefore cancels in the difference.͒ The constants T 0 and p ref were chosen to roughly approximate the overall magnitude and saturation characteristics apparent in the data. For comparison, the closed circles show results obtained using the compression method. The data points give the amplitude of the probe-frequency component of the function
where p pc ͑t͒ = ͑P p + P c ͒cos͑2f p t͒ is the sum of probe and compressor. The simulated SFOAEs computed from Eqs. ͑19͒ and ͑20͒ manifest the same qualitative behavior found in the data ͑Fig. 3͒, including SFE sup and SFE com curves that cross at levels L s and L c slightly greater than L p before asymptoting to the same plateau value at higher levels. The larger emissions obtained using compressors at low levels can be understood by noting that because the compressor is always inphase with the probe, it produces a greater overall reduction in probe amplitude than does an off-frequency suppressor of the same intensity. Because probe and suppressor are at different frequencies, their relative phase varies over time. Whereas the compressor produces a maximal reduction in the probe twice per cycle, the suppressor has an equivalent effect only on those ͑relatively rare͒ occasions when probe and suppressor reach their extrema simultaneously. Of course, the same reasoning implies that ͉SFE com ͉ should always exceed ͉SFE sup ͉ when using equal-level compressors and suppressors. To account for the crossover into a regime where suppressors yield the greater residual, we hypothesize that at higher levels, where phase effects are less important and intermodulation components are larger, the suppressor produces a greater reduction in probe amplitude by diverting probe energy into distortion components ͑e.g., 2f s − f p ͒ that are not produced when using on-frequency compressors.
C. Pros and cons of the three methods
Each of the three SFOAE measurement methods has advantages and disadvantages. Although the compression method ͑Kemp and Chum, 1980͒ has become the de facto "gold-standard," the method requires an effectively linear sound generation and recording system, requirements not often met by commercial OAE recording equipment. The suppression method is substantially more forgiving in this regard, at least when the probe and suppressor are generated using separate earphones. An advantage of the spectralsmoothing method is that it requires measurement of only a single quantity ͑namely, the probe-alone pressure͒ whereas the other methods require an additional measurement ͑i.e., the response to either the compressor or suppressor͒. Unlike the compression and suppression methods, the smoothing method therefore allows each probe measurement to serve as its own control against possible systematic changes ͑e.g., variations in overall emission level due to efferent effects͒ that may occur during the course of the measurement. In the studies reported here, we sought to minimize these potential problems by interleaving the probe, suppressor, and compressor in time using the three-interval paradigm. Although the spectral smoothing method depends on only the probealone pressure, it requires measurements at multiple frequencies. Indeed, the method works best if applied to measurements that span a relatively wide frequency range ͑i.e., many periods of the interference microstructure͒ with good frequency resolution ͑i.e., many points per period͒. In addition, because of uncertainties introduced near the end points due to incomplete knowledge outside the measured interval, the smoothing method ideally requires measurements over an interval slightly larger than the desired frequency range. The compression and suppression methods, by contrast, impose no such constraints; they require measurements only at the actual frequency ͑or frequencies͒ of interest. Finally, the compression and suppression methods are more robust to shifts in probe placement, calibration contamination, and drift, all of which can introduce spurious spectral structure detrimental to the smoothing method, especially when emission amplitudes are relatively small ͑e.g., at higher probe levels͒.
D. Other methods of measuring SFOAEs
The three methods compared here are not the only ways to measure SFOAEs. Emissions obtained using methods based on other cochlear phenomena have been directly compared with SFOAEs obtained using suppression and/or compression. These methods involve:
͑1͒ Measuring the reflection-source component of DPOAEs.
In previous work undertaken to test the "twomechanism" model of DPOAE generation, we extracted the reflection-source ͑or "DP-place"͒ component of 2f 1 − f 2 DPOAEs using both suppression-and smoothingbased methods ͑Kalluri and Shera, 2001͒. by the model, the extracted DPOAE component matched the SFOAE measured at the same frequency. The match was best when the SFOAE was measured in the presence of an "f 1 -primary mimicker" ͑i.e., an additional tone presented at the frequency and level of the f 1 primary used to evoke the DPOAEs͒. The correspondence between the two emissions suggests that although they may be partially suppressed by the primary tones, reflection-source components of DPOAEs are otherwise largely equivalent to SFOAEs. ͑2͒ Measuring click-evoked OAEs ͑CEOAEs͒. In order to understand the influence of stimulus bandwidth on OAE generation, we compared click-evoked and stimulusfrequency OAEs measured in the same human subjects as a function of stimulus frequency and intensity ͑Kalluri and Shera, 2007͒. We found that CEOAEs and SFOAEs are nearly identical when compared at "bandwidthcompensated" sound-pressure levels. These results demonstrate the two emission "types" are generated by the same mechanism; at low and moderate stimulus intensities CEOAEs and SFOAEs are really the same emission evoked in different ways. Measuring CEOAEs therefore provides an alternative, and generally more efficient, means of measuring SFOAEs. ͑3͒ Killing the subject. This method estimates the stimulus pressure P 0 in Eq. ͑1͒ by exploiting the physiological vulnerability of SFOAE generation. Although unforgiving and often prohibited, the method has been attempted in chinchilla, where it yields SFOAEs in good quantitative agreement with those measured using suppression ͑Siegel, 2004͒.
Although future work may reveal important quantitative differences, several other methods also yield emissions that appear at least qualitatively similar to the SFOAEs obtained here.
5 These methods include:
͑1͒ Measuring upper-sideband DPOAEs ͑e.g., 2f 2 − f 1 ͒. Knight and Kemp ͑1999͒ report strong similarities between CEOAEs and upper-sideband DPOAEs, as well as lower-sideband DPOAEs measured at f 2 / f 1 ratios close to 1. The near-equivalence between CEOAEs and SFOAEs ͑Kalluri and Shera, 2007͒ suggests a similar correspondence between SFOAEs and these special classes of DPOAEs. ͑2͒ Using efferent suppression. This method estimates the stimulus pressure P 0 in Eq. ͑1͒ by using olivo-cochlear efferent suppression to reduce the amplitude of the emission evoked by the probe ͑e.g., Guinan, 1990; . SFOAEs obtained in this way share many qualitative features with SFOAEs obtained using acoustic suppression ͑e.g., rapidly rotating phases͒. However, the two remain to be carefully compared and details may depend on how the efferent activity is elicited ͑e.g., Backus and Guinan, 2005͒.
E. Are SFOAEs really emissions?
Doubts about the ontological status of SFOAEs-Are they just artifacts of measurement methodology?-have buttressed the view, most clearly articulated by Patuzzi ͑1996͒, that SFOAEs really ought not be considered "emissions" at all. In this view, SFOAEs are better understood not as sounds produced by the cochlea but as the inevitable "error of extrapolation" that arises because the cochlear input impedance depends on sound intensity. Analogous errors occur, for example, when one linearly extrapolates the output of gardenvariety earphones from one intensity to another based on a mistaken presumption of linearity. When the extrapolation fails, no one writes JASA papers describing how the earphone is "emitting an SFOAE;" they just say that the earphone has a nonlinear source impedance. So why treat the ear any differently from the earphone?
Although we hope the measurements reported here will allay outstanding methodological doubts about SFOAEs, the most compelling reasons why these otoacoustic "errors of extrapolation" are best regarded as actual emissions come from the characteristics of the SFOAEs themselves. Because SFOAEs appear in the ear canal via their effects on the cochlear input impedance transmitted through the middle ear, the two complementary views of SFOAEs outlined earlier are, in fact, mathematically equivalent. Physically, however, the components of the cochlear input impedance ascribed to SFOAEs really do have features characteristic of emitted sounds: In particular, they look just like reflected waves. For example, at constant intensity one can write the ͑nonlinear͒ cochlear input impedance in the form 6 Z C ͑f ; P 0 ͒ = Z 0 ͑f͒ 1 + R͑f ; P 0 ͒ ͑1 − R͑f ; P 0 ͒͒ , ͑21͒
where Z 0 ͑f͒ is the "error-free" input impedance ͑e.g., the input impedance measured at high stimulus levels͒ and R͑f ; P 0 ͒ parametrizes the intensity-dependent "error" or "emission." Although there is nothing mathematically unique about this representation of the input impedance-one could write Z C ͑f ; P 0 ͒ in a myriad other forms-the formulation in Eq. ͑21͒ is natural because the complex function R͑f ; P 0 ͒ is empirically simple: To first approximation, R͑f ; P 0 ͒ is a circle in the complex plane ͑Shera and Zweig, 1993͒. This simple form for R͑f ; P 0 ͒-a slowly varying amplitude and a rapidly rotating phase indicating a substantial delay-has a straightforward physical interpretation in terms of wave reflection within the cochlea ͑e.g., Zweig and Shera, 1995; Talmadge et al., 1998͒ . Indeed, Eq. ͑21͒ with R͑f ; P 0 ͒ resembling a delay has the same general form as the input impedance of a transmission line with internal reflections. When evoked using pure tones, these internal reflections are known as SFOAEs; when evoked using acoustic clicks, the same reflections are called CEOAEs ͑Kalluri and Shera, 2007͒. For these reasons, we refer to R͑f ; P 0 ͒ not as an "error" but as the "cochlear reflectance."
Furthermore, the physical interpretation as a reflectance has predictive power. For example, viewing SFOAEs as reflected waves ͑i.e., as emissions͒ immediately suggests a relationship, verified experimentally, between SFOAE phase and the frequency spacing between spontaneous emissions ͑Shera, 2003͒. No matter how one may choose to represent SFOAEs, spontaneous OAEs clearly represent actual "emis-sions" from the ear. At the mathematical level the distinction between an "error of extrapolation" and an actual "emission"-between a nonlinear impedance and a nonlinear reflectance-is largely semantic; at the physical and physiological levels, however, the distinction is evidently both real and productive.
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